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	Brief Description

Real-time voice communication is now the default medium for work and study, yet its processing stack focuses mainly on the communication channel, addressing problems such as noise, echo, and packet loss. The speaker's own voice is largely left untouched. When platforms do intervene, the available controls are usually coarse, relying on fixed filters or signal-processing transformations derived from the source-filter model of speech production. These methods modify acoustic attributes frame by frame without explicitly representing what is being said or who is saying it. The more difficult problems, however, often lie not in the communication channel but in the speaker. A student may join an 8 a.m. seminar only minutes after waking up. Her voice is low, thick, and imprecise, and before she has finished her first sentence, everyone in the room can tell that she has just gotten out of bed. She may then stop volunteering and wait until she sounds more awake, by which time the discussion has already moved on. An instructor who has spent three hours teaching back-to-back classes may become hoarse and start swallowing the ends of sentences. Students joining remotely, already dealing with compressed audio, may begin to miss entire clauses. Similar problems arise in professional communication. A negotiation may run long, and someone's patience may become audible through a clipped, sharp, or rising tone. 

Although the words themselves may be reasonable, it is often the tone that others remember, and the following conversation may be spent repairing the interaction. A researcher presenting to overseas collaborators may have to choose between speaking a second language haltingly, which can undermine confidence and authority, or relying on a synthetic interpreter voice that sounds like no one. Someone returning a call from an unknown number may prefer not to provide a stranger with a clean recording of their natural voice, yet the available alternatives often make them sound obviously artificial, which can itself create suspicion. These situations illustrate a broader limitation of today's voice communication systems. Existing tools primarily improve the transmission channel and, in limited cases, protect speaker identity by replacing the voice altogether. They provide little ability to selectively control different aspects of how a person sounds while preserving the aspects that should remain unchanged. 

This project aims to address this limitation by building a real-time voice communication system that disentangles speech into four largely independent factors: linguistic content, speaker identity, prosody and emotion, and voice-quality state. The system will allow any one of these factors to be modified on demand while preserving the others. Integrated directly into phone calls and online meetings, such a system could help a user sound clearer when tired or hoarse, regulate how emotion is conveyed without changing the intended message, communicate across languages while preserving their vocal identity, or protect speaker identity without sacrificing naturalness. Rather than treating the voice as a fixed signal that must either be transmitted unchanged or replaced entirely, the proposed system treats speech as an editable representation. It gives speakers real-time control over how they are heard while allowing them to remain recognizably themselves.

	Expected outcome(s)

This project will develop a real-time voice communication system that allows users to independently control linguistic content, speaker identity, prosody and emotion, and voice-quality state. The system will support low-latency use in phone calls and online meetings.

	Requirements for student applicants

Python and PyTorch experience; coursework in digital signal processing or deep learning; prior audio, speech, or sequence-model projects an advantage, as is real-time audio (WebRTC, virtual audio devices) or front-end experience; able to design and run listening experiments; comfortable reading literature.







